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(57) Abstract 



A method and system for routing and transmitting voice conversations across a packet switched computer network (200) and a circuit 
switched public telephone network (300) is provided. Conversion between packet switched computer network protocols and circuit switched 
telephone network protocols is performed by one or more phone switches (600) which are coupled to the packet switched computer network 
(200) and the circuit switched telephone network (300). Routing voice conversations among multiple phone switches coupled to the packet 
switched computer network (200) is performed by one or more routing servers (500) coupled to the packet switched computer network 
(200). or a user's local computer (100). 
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METHOD AND APPARATUS FOR TRANSMITTING AND ROUTING 
VOICE TELEPHONE CALLS OVER A PACKET SWITCHED COMPUTER NETWORK 

This application claims priority to U.S. Patent Appli- 
cation Serial No. 08/542,641, filed October 13, 1995, which is. 
incorporated herein in its entirety by reference. 

TECHNICAL FIELD 

This invention relates to a method and architecture fc 
the t ransmissicr. and routing of voice signals over a packet 
switched network and more particularly to a met nod and system fc 
routine and converting voice signals between a circuit switched 
cubiic telephone network : "circuit switched telephone network"' 
and a packet switched computer network. 

BACKGROUND ART 

The advantages of transmitting voice information in 
packet form has long been recognized. Packet switching provides 
a ready solution :o problems where the voice information to be 
transmitted occurs in bursts, with significant pauses between 
bursts. The application of compression techniques : digit iced 
voice transmissions ::ter. results in ^u::. :r..-: \- c: e r : i - trans- 
miss i ons . 

Traditional telephone service, tr.e s" :~ill-u 71am ■". 1; 
Teleohone Service *' ?^TS n , , is provided over a circuit switched 
telephone network which dedicates a sequence cf physical links 
through nodes of the circuit switched telephone network between 
POTS stations. At each node, incoming voice signals are routed 
to the appropriate outgoing channel without delay. Circuit 
switched networks typically dedicate a multiplexed commumcat icr 
path, in space and/or time division multiplexing, between the 
caller and called party which lasts throughout the duration of 
the call. 

In contrast, in packet switched networks, which are 
tvnically associated with the transmission of "data" rather thar 
voice conversations, it is not necessary to dedicate transmissi 
capacity along a sequence cf physical links through the network 
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Instead, data is sent in packets which are passed from node to 
node through the network. Each data packet typically consists of 
several items including the address of the data source, the 
address of the data destination, error checking information, as 
well as the actual data sent. Each node briefly stores and ana- 
lyzes the packet and then transmits it to the next node. 

Current technologies allow a voice signal to be digi- 
tized and compressed. When a number of compressed digitized 
voice conversations are transmitted over a network, significant 
savings in bandwidth can be realized through packet switched 
transmission of the voice conversations. As noted above, tradi- 
tional circuit switched networks require a constant allocation cf 
bandwidth for each voice channel cn the network. Statistically, 
this results in inefficient use of bandwidth due to the large 
amount cf time in which relatively little voice information is 
being transrr.it ted. For example, for many voice conversations a 
single voice channel at a time is sufficient during a large 
portion of the conversation. Compress i on techniques are avail- 
able which reduce the total voice data being transmitted, howev- 
er, these techniques often result in bursts of data over limited 
durations. To accommodate these potential bursts or data trans- 
missions, circuit switched networks must allocate a constant 
car.dwidth tcr each voice channel whir:: suf f icie:;: ly large to 
transmit the "widest " burst c: dat r i :rsc-;Ll-. Tr.us. while com- 
pression techniques can realize t rem.e :s sav;:;-:? i:: r e rrr.s or 
total data t ransrr.i 1 1 ed , they r.evertr.e.-r?^ require a rel a 1 1 v~lv 
inefficient allocation of banawidtr. i :: circuit sw:: cried r.ec 
work. Packet switched transmission of voice information, ir. 
contrast, may reduce total system bandwidth, and result in a 
lower cost system, by multiplexing a number of simultaneous voice 
conversations in such a manner as .to take advantage of the sta- 
tistical characteristics cf the compressed digital voice data. 

Personal computers equipped with available signal pro- 
cessing audio boards allow a user's voice to be digitized and 
transmitted to a second personal computer. This second personal 
computer will then convert the digitized transmission back to an 
analog audio signal and amplify the signal for an audio output, 
reproducing the first user's voice. A pair of modems are typi- 
cally used to transmit the digitized information. 
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In one mode of operation, the digitized voice informa- 
tion is transmitted directly over a circuit switched telephone 
network to the second personal computer. In a second mode of 
operation, the digitized voice information is transmitted via a 
packet switched network to a second computer which is also 
connected to the packet switched network. Typically, the packet 
switched network will be the World-Wide Internet {"Internet"). 
The Internet Phone 7 ", available from VocalTech Inc., Northvale, 
New Jersey, and the Personal Internet Companion Kit™ available 
from Camelot Corp., Dallas, Texas, make use of this second mode 
of operation for communicating between two audio ready computers 

coupled to the Internet. 

Transmission of digitized voice conversations through 
this second mode of operation over long distances allows the user 
to save significant amounts of money. This reduced cost is par- 
-*ai"y a result of the efficiency of packet switched networks 
-ver circuit switched networks. Additionally, the user's savings 
is also a resui: of the fact that packet switched networks 
typically charge the user based on either the amount of informa- 
tion transmitted or the user's connect time, rather than as a 
function of the distance the voice conversation travels, as is 
cypical in circuit switched telephone networks. While transmis- 
sion of voice conversations through a packer: switched network ma\ 
■-sul z i:: sorr.-r respects in a lower :;ual:ry sound, iu-.- tne 
occasional delays introduced a: the sysie- r.odes -r less : oara. 
rr.ar.v users mav accepc such delays as a tradeoff i:: ~ rder : z 
ice a significant cose savings. 

The protocols and addressing mechanisms utilized on 
circuit switched telephone networks and the Internet, however, 
are not compatible, and therefore do not aliow a user to easily 
establish a voice conversation across the Internet which either 
originates or terminates on a POTS station. There exists a need 
therefore, for a method and system for establishing a voice 
conversation between a POTS station coupled to a circuit switchec 
Telephone network and an audio ready computer connected to a 
packet switched computer network, such a as the Internet. 
Moreover, because such system ideally utilizes a plurality of 
aateways, or access points, to gain access to the circuit switch 
board telephone network in a plurality of geographic locations, 
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there further exists a need for a method and system for utilizing 
a plurality of gateways to route voice calls between a circuit 
switched telephone network and a packet switched computer net- 
work. There further exists a need for the method and system of 
authorizing such calls. 

POTS users also may wish to utilize the Internet, or a 
similar packet switched computer network, to save money on voice 
conversations between POTS stations. There further exists a 
need, therefore, for a method and system of transmitting a voice 
conversation between two POTS stations where at least a portion 
of the voice conversation path between the two POTS stations is 
irar.srr.it ted across a generally accessible, public packer switched 
computer network, such as the Internet. 

INDUSTRIAL APPLICABILITY 

The object c : the present invention is zz provide a 
system for establishing a voice conversation from an audio ready 
computer connected to a packet switched computer network, such as 
the Internet, to a POTS station coupled to a circuit switched 
telephone network. 

It is a further object of the present invention to 
provide a method and system of transmitting 3 voice conversation 
between two PCTS stations wherein the vir-v -~:v/ersar : cr. cath 
brCWrer. the :w: stations i£ rcuteo : r. : . ::. . : .;: * : : r j 1 1 
switched telephone network ar,d a publ; • .-w:r~r.-;: romouter 

nerwnv., such tr.e Internet. 

The present invention is direr tec t- 3 method and 
system for routing and transmitting voice conversations between 
an audio ready computer and a POTS station through a packet 
switched computer network such as the Internet. The present 
invention further provides for a method and system for routing 
and transmitting a voice conversation between two POTS stations 
which is at least partially transmitted over a packet switched 
computer network. The POTS stations are coupled to the system 
through one or more circuit switched telephone networks. A 
routing server is provided for routing calls between multiple 
destinations on the packet switched computer network. A phone 
switch is also provided for converting protocols from a packet 
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switched computer network to a circuit switched telephone net- 
work. 



BRIEF DESCRIPTION OF DRAWINGS 

For a more complete understanding of the present 
invention, reference is made to the following Detailed Descrip- 
tion taken in conjunction with the accompanying drawings in 
which : 

FIG . 1 is a high level block diagram of a system 
architecture in accordance with the present invention; 

FIG. 2A is a functional block diagram of a system 
architecture for supporting a voice conversation between an audio 
ready personal computer and a POTS station in accordance with the 
present invention; 

FIG. 2B is a functional block diagram cf a system 
architecture for supporting a voice conversation between two POTS 
stations across a packet switched computer network in accordance 
with the present invention; 

FIG. 3 is a block diagram of a personal computer system 
in which client software of the present invention may be embod- 
ied; 

FIG. 4A is a flowchart illustrating a method of imple- 
menting a phone switch for bridging voice conversations between 
the packet switched computer network and the circuit switched 
relecr.cne network in accordance with the present invention; 

FIG. 4B is a functional block diagram of a phone switch 
constructed in accordance with the present invention; 

FIG. 5 is a flowchart illustrating a method for regis- 
tering users with the system in accordance with the present 
invention; 

FIG. 6 is a functional block diagram illustrating 
database models in accordance with the present invention; and 

FIG. 7 is a schematic representation of a data packet 
for transmitting voice and/or control information in accordance 
with the present invention. 

BEST MODES FOR CARRYING OUT THE INVENTION 

Preferred embodiments of the present invention will now 
be described with continued reference to the drawings. 
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1. Overview 

FIGS. 1 and 2A show an overall view of the system 
architecture. The system is composed of a personal computer 100 
executing client application software 101 and a system server 
5 500. To establish a voice conversation from the personal comput- 
er 100, the client application software 101 connects, over the 
computer network 200, to the router authentication server 500 and 
requests a voice connection to a specified phone number. The 
system server 500 uses a specialized phone switch 600 to dial the 

10 phone number via the circuit switched telephone network 300. 

The preferred embodiment includes a plurality of phone 
switches 600 'FIG. 2A> in a number of locations. Each cf the 
phone switches 600 are coupled to both the computer network 200 
and the circuit switched telephone network 300. The router 

15 authentication server 500 determines the optimal phone switch -rec- 
to route the call through based on the costs cf connecting the 
called party to the phone switch over the circuit switched 
telephone network 300, as well as the traffic through the possi- 
ble phone switches 600. In an alternative embodiment of the 

20 present invention, multiple router authentication servers 500 may 
be coupled to the packet switched computer network 200 at one or 
more geographical locations. 

The personal computer 100 then sends the call request, 
including any authentication data provided by t he router authe::- 

_r ticatio:: server £03, to the phone switcr. . The phone switrr. 
- z: verifies the authentication data, -either rhrcugh rommur.ic.-. 
rion with the router authentication server 50C, or through otr.-=i 
security means such as a digital signature generated by the 
router authentication server 500. The phone switch 600 sends a 

30 signal indicating off -hook to the circuit switched telephone net- 
work 300 and tones or. pulses corresponding to the called party's 
phone number over the circuit switched telephone network 300. 
The phone switch 600 then waits for an answer signal from the 
circuit switched telephone network 300 indicating remote phone 

35 4C0 has gone off -hook and answered the call. After the remote 

phone 400 answers and a call is established, the phone switch 600 
then converts the voice data received from the circuit switched 
telephone network 300 into a format suitable for the packet 
switched computer network 200 and client application software ici 
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through any of a number of known conventional techniques for 
implementing such a gateway between two networks. Similarly, the 
phone switch 600 converts voice data received from the packet 
switched computer network 200 into a format suitable for the 
5 circuit switched telephone network 300 through conventional 

gateway techniques. 

The personal computer 100 is physically connected to a 
network service provider 220 via a communications link 221 and 
modem 150 as is well known in the art. The communications link 

C 221 may be a circuit switched telephone network, a dedicated 

connection, cr any of a number of known means. The network ser- 
vice provider 220 provides the personal computer 100 access to 
the computer network 200. The computer network 200 is preferably 
the Internet. 

I 2. PC-Phone Client System 

As shown in FIG. 3 , one aspect of the present invention 
may be embodied on an audio ready personal computer 100, which 
comprises a central processor 110, a main memory 111, a keyboard 
112, a pointing device 113, such as a mouse, glide- cent rol or the 

0 like, a display device 114, a mass storage device 115, such as a 
hard disk, and an internal clock 116. The personal computer 10C 
also includes a sound device 130, including a signal processing 
unit 12C. The system components of the personal computer 100 
-rommur.icate through a system bus 11?. In a preferred embodiment , 

: the personal computer 1 : 0 is an I3X- compatible personal compute: 
wn::r. is available from many vendors. The preferred central 
rrocessor 113 will be compatible with an Intel S043o operating s: 
5 3MH2, or greater and most preferably an Intel Pentium™ operating 
at 75MHc or greater. OtJier computer systems, such as the 

0 Macintosh™ available from Apple Computer, or the Sun SPARC 

Station from Sun Microsystems™, and other processors, such as the 
Motorola 680x0™, the Sun Microsystems SPARC™, and the PowerPC™, 
jointly developed by Apple Computer, IBM and Motorola, are also 
suitable. 

5 Additionally, the personal computer 100 is preferably 

connected to an internal or external modem 150 or like device for 
communication with the computer network 200. This modem is 
preferably capable cf transmitting a minimum cf 14.4kbs, and most 
preferably transmits at 23.8kbs or greater. Alternatively, the 
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personal computer 100 may be connected via an ISDN adapter and a 
ISDN line for communications with the computer network 200 or vi 
an Ethernet connection to a network connected to the Internet or 
any other type of network interface. 

In the preferred embodiment, the sound device 130 may 
be any of a number of readily available sound cards, such as the 
SoundBlaster™ card, available from Creative Labs, Inc. or the 
ScundChoice 32™, available from Spectrum Signal Processing. The 
sound device 130 is connected one or more speakers 125 and a 
microphone 125. The sound device 130 may, optionally, include a 
standard RJ11 telephone jack for connection to a standard analca 
telephone . 

The personal computer 100 is preferably under the 
control of a multi- tasking operating system including a TCP/IP 
interface, such as that available under Microsoft Windows™, 
MacOS'\ UNIX 1 ", Next3tep ! " or OS/:™. 

The personal computer may establish a connection to th 
packet switched computer network 200 via a network service pro- 
vider 220 iFIG. 2A) . Commercial network service providers in- 
clude: IDT of Hackensack , New Jersey and Performance Systems 
International. The network service provider preferably provides 
a Serial Line Internet Protocol -SLIP:- cr Point - to- Point Protoco 
PFP connection to the packet switched computer network ICO. 

The user initiates a call request hy entering a stan- 
dard telephone number through tne client application software's 
1*1 graphical user interlace. Al ternat ive.y , nrao:;: :al 

interface will allow the user enter the called party's name t 
other information which the client application software 101 
executing on personal computer 100 will translate to a standard 
telephone number based on the user's personalized database. The 
client application software 101 may further prompt the user for 
an access name and password, or credit card number, each time a 
call is established. Alternatively, the client application soft 
ware 101 may store the user access name and password icr credit 
card) information when the user configures or first uses the 
software 101 and automatically forward the access name and pass- 
word (or credit card) to the router authentication server 500. 

The client application software 101 creates a call 
connection request packet containing the called party's phone 
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number and the user's access information, such as credit card 
information or the user's access name and password. The called 
party's number may be determined through an optional local or on- 
line directory. The call connection request packet is sent from 
the personal computer 100 to the router authentication server 500 
(FIG. 2A) . Upon receipt of the call connection request packet, 
the router authentication server 500 verifies the caller's access 
name and password and determines the appropriate phone switch 600 
to route the call through based on a number of factors, including 
the traffic load on each of the phone switches 600, and the cost 
of transmitting the voice conversation from the potential phone 
switches 600 to the called party over the circuit switched tele- 
phone network 3C0. 

An alternative embodiment of the present invention does 
not utilize a router authentication server. Instead, the client 
application software 101 itself selects a phone switch 600. The 
phone switch 600 will itself verify the caller's access name and 
password or credit card information. The client application 
software 101 may use any of a number of techniques for selecting 
the phone switch 600, including an internal database mapping 
destination area codes and central office exchanges to phcne 
switches 60C. This internal database may be periodically down- 
loaded and updated through the packet switched computer network 
Z0C as phone switches 6 0 0 are moved, added, delated : :emp:. • 
rarily made cut cf service. 

The pvzz^ss ::r converting between . * : . ^ i?::-.L . 

c?uch as the caller's voice input or audio output, and digitized 
packets suitable for transmission over the packet switched 
computer network 200 is well known in the art. A number of sound 
devices, such as the SoundBlaster™ card, are available fcr 
converting between digital and analog audio signals. When 
converting from audio input to digitized packet data, the audio 
input is first sampled or digitized. This sampled data is then 
compressed utilizing any of a number of known speech compression 
algorithms such as GSM. In the preferred embodiment, the speech 
will be compressed to be transmitted at a rate of approximately 
10 kilobytes/sec (kbs) in order to make use of a I4.4kbs modem, 
leaving approximately 30% of the bandwidth available for control 
information. In the preferred embodiment, this algorithm will 
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further be capable of achieving such compression on a personal 
computer utilizing an Intel 80486SX operating at 33MHz at less 
than 1/2 full load. 

The client application software 101 preferably is in- 
5 stalled via a self -extracting file. The installation code 

determines whether the necessary hardware and software resources 
reside on the personal computer. This will include verifying the 
disk space and the presence of a sound device, and that the 
necessary drivers, such as sound drivers and the Windows socket 

0 interface ("winsock") , are installed. The installation process 
may also require the user to register with the user registration 
server 550 (FIG. 2A) . 

3 . Computer Network 

The computer network 700 is preferably the World-Wide 

1 Internet f "Internet *' : . The Internet is a world-wide network 
connecting thousands cf computers "hosts"; and computer net- 
works. The Internet is organized as a muiti- level hierarchy 
containing local networks connected to a number cf regional, mid- 
level networks. Each of these regional networks is connected to 

0 a backbone network. 

The dominant protocol used for transmitting information 
between computers on the Internet is the Transxiss ion Control 
Protocol /Internet Protocol (TCP/IP* rcecwcrk --rotted. Computers 
typically connect to the Internet t l;-.cal :~i~pr.one 

1 network connecting the computer to a:: Internet .-ervire r.rcvider. 
Internet addresses are tne addressing -system us^-ii i;: 777 17 
communications to specify a particular network -omputer or. t:;e 
network with which to communicate. Computers -ay eitner directly 
use the numeric internet address or, alternatively, a host name 

0 plus domain name. Host and domain names are then translated to 
Internet addresses by a resolver process. 

4. User Registration Server and Billing Server 

Referring now to FIG. 5, we describe the user registra- 
tion server 550 and the billing server 550. The system pref era - 
5 bly includes at least one user registration server 550 which 
stores user information, including access name, password, and 
billing information. The user may register either manually or 
through interaction with the client applicaticn software 101. 
The database is available to the other components of the system, 
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such as the router authentication server 600 and the billing 
server 560. 

The billing server 560 (FIG. 2A) maintains a database 
cf call history for each call established through the system. 
The billing server 560 will bill the user, either immediately or 
on a monthly basis. The charge may be submitted directly to .the 
user's credit card 
5. Phone Switch 

Referring now to FIG. 4B, the phone switch 600 acts to 
convert between the packet data transmitted over the packet 
switched computer network 200 and the information transmitted 
:ver the circuit switched telephone network 30C. The ir.f orrr,a:i: 
transmitted over the circuit switched telephone network 3 CO may 
be in any of a variety of formats (also know as "protocols M ; , as 
described below, including analog or digital transmissions. 

The phone switch GOO further performs the functions o: 
data buffering 611 and data injection 612 to smooth delays by 
using windows cf several data buffers that initially contain dat 
representing silence and overlaying time-stamped incoming pack- 
ets. The buffering technique is used to smooth out the delays 
due to packet transmission. The phone switch 600 further per- 
forms compression and decompression 613 through any of a number 
cf known techniques. 

The phone switch 6CI- is logically divided i::t ~ *w: 
r,:::::r.s, a routing portion ::r sending and :e:-::v::vi ust:; ~ v- : 
rhe packer switched computer network 12'-. sr.o . v :„ i ~ - :.ri?~^s 
rard portion for interfacing to the circuit switched : -r lepr.tr.t 
network 300. The two portions preferably communicate thrcugn a 
data bus. The routing portion performs the function of routing 
multiple connections over the packet switched computer network 
200. 

The voice processing card portion of the phone switch 
600 consists of one or more voice processing cards, also known a 
telephone interface cards, which are typically inserted into in- 
put/output slots in the phone switch 600. The voice processing 
cards handle call control, including sending cr detecting the 
appropriate signals for going off -hook, dialing phone numbers, 
rina detection, answer detection, busy detection, and disconnect 
detection and signalling. The voice processing cards also 



WO 97/14238 PCT/US96/ 16096 

perform analog to digital (A/D) and digital to analog (D/A) 
conversion where the interface to the circuit switched telephone 
network is an analog format or protocol. Alternatively, the 
voice processing cards perform the necessary protocol conversion 
where the circuit switched telephone network interface is digi- 
tal, such as a Tl connection. These conversions are typically 
transparent to the routing portion of the phone switch 600. 
Additionally, the voice processing cards perform data compression 
and decompression as described below. Voice processing cards and 
associated software drivers are available from a number of 
manufacturers, including Dialogic, Rhetorex, cr National Micro- 
systems. Each voice processing card preferably provides a multi- 
channel interface for handling several simultaneous phone conver- 
sations . 

Referring now to FIG. 4A # call establishment and 
routing from the phone switch -SCO to the circuit switched tele- 
phone network is described. The phone switch •: 2 ?. is an event - 
driven system. The phone switch 600 typically must respond to 
the following events and perform the following functions: 

• Establish new calls upon receiving an authorized 
call connection request packet. The phone switch 
600 must verify the connection request packet, 
dial the called party's cr.rr.r - r '3* over 
the circuit switched : - - :;-:vn::: • ' ' , wait 

• Disconnect existing call setups • z 4 upon receiv- 
ing a disconnect signal on the set-up channel from 
the circuit switched telephone network or a dis- 
connect packet through the packet switched comput- 
er network. 

• Decompress digital packet data from the packet 
switched computer network upon receiving a voice 
packet, and convert to a format "protocol": suit- 
able for the circuit switched telephone network . 

• Digitize and compress voice data received from the 
circuit switched telephone network and convert to 
a packet ized protocol for the packet switched 
comDuter network . 
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• Perform audio buffering. 

• Perform database updates for billing purposes on 
establishment and disconnection of the voice con- 
versation . 

5 6. Network and Communication Protocols 

The general mechanisms and protocols for communicating 
through packet switched computer networks, such as the Internet, 
and the circuit switched telephone network, are known in the art. 
See, e.g., S tailings, W., Data and Computer Communications, 

0 Second Edition, Macmillan Publishing Co. 1 1988) . Communication 
over the packet switched network is preferably implemented 
through a set of standardized application layer protocols. The 
most preferred embodiment of the packet switched computer network 
utilizes the TCP (Transport Control Protocol; and Internet 

1 Protocol ;I? protocols), or alternatively, the OSI layer model, 
which are also well known in the art. See, e.g., Martin J., 
TCF/IP Networking, ?TR Prentice Kali ,1554;. 

The phone switch 600 is preferably adaptable to a vari- 
ety of telephone network interfaces, however, most preferably 

C supports connection to a digital Tl line. In typical POTS' 

service, analog telephone wires extend from a user's POTS set to 
a telephone company central station which converts the analog 
telephone signals to digital signals by sampling. l::-band 
signalling is typically used to transmit "all :*c:;trtl i::fcnr.a- 

5 tion. The analog signals are typically sarxi-d a: - , C : r samples 
per second using 5 bits per sample. Th- r-rsul t i:: - ? digital 
signals are commonly combined over a four w;rr line commonly 
called a Tl line. Each Tl line multiplexes 24 voice channels by 
well known multiplexing techniques, in accordance with the 

C standards established by the International Standards Organization 
ISO). See, in general, Stallings, Data and Computer Communica- 
tions, (ch. 6) . Modification of the phone switch 600 to support 
other protocols, including Comite Consultatir International de 
Telephonie et de T§legraphie (CCITT) El lines, or other digital 

5 or analog transmission protocols, would be obvious to one of 

ordinary skill in the art. Methods for establishing telephone 
calls from the phone switch 600 through the telephone network 
interface are also known to those of skill in the art. 
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In order to reduce packet overhead, and because errors 
detected by the TCP protocol may introduce excessive delays not 
suitable for voice conversation, the system preferably will use a 
connectionless transport layer protocol for the transmission of 
voice information over the packet switched computer network. 
Such connectionless protocols provide no error recovery and do 
not guarantee sequenced data delivery. The most preferred system 
will utilize the User Datagram Protocol (UDP) , which is well 
known co those of skill in the art. See, e.g., Martin J . , TCP/IP 
Networking (ch. 8) . Certain control information, however, such 
as call connection requests and database information, preferably 
will use the TC? protocol 'FIG. 4B! . 

Referring now to FIG. 1, the content of the packets 
transmitted over the packet switch computer network will be 
described. Each packet will have a command, followed by a 
connection id 'Connld;, followed by the data for that type of 
command . Thf- connection id is used to determine the higher level 
connection, and optionally to demultiplex many connections from a 
single host. The packet data may be encrypted for security 
reasons and to protect the user's privacy. 

The different types of commands supported by the system 

include : 

• Registration Request 

♦ Command 

♦ Connld 

♦ "Jser name 

♦ Password 

♦ Credit Card Info 

• Authorization / Routing Request 

♦ Command 

♦ Connld 

♦ Destination Telephone Number 

♦ User Name 

♦ Password 

• Phone Connect Request 

♦ Command 

♦ Connld 
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♦ Destination Telephone Number 

♦ Server Key 

♦ Compression Schemes 



• Voice Data Packet 

♦ Command 

♦ Conn Id 

♦ Voice Data 



• Phone Disconnect Request 

♦ Command 

♦ Conn Id 



• Registration Response Packet 

♦ Command 

♦ Conn Id 

♦ Result Data 



• Authorization Routing Response Packet 

♦ Command 

♦ Conn Id 

♦ Status 

♦ Server Kev 



• Phone Connect Response Par. •:■=:: 

♦ Command 

♦ Connld 

♦ Result Data 

• Error Packet 

♦ Command 

♦ Connld 

♦ Reason 

Referring now to FIG. 23, a system for connecting two POT 
sets, wherein at least a portion of the call connection path i 
traversed over a packet switched computer network, will be 
described. A first user goes off hook on a first POTS set 401 
and accesses a first phone switch 650 via a first circuit 
switched telephone network 2C0. The user then enters -Touch To 
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data, including billing information and the called station num- 
ber. Tone detectors on the first phone switch 650 capture this 
data. The first phone switch 650 then generates a call connec- 
tion request which is forwarded by the packet switched computer 
network 200 to the router authentication server 500. The router 
authentication server 500 selects a destination phone switch 600 
and returns the network address of the destination phone switch 
600. The first phone switch 650 then accesses the destination 
phone switch 500 and calls are processed as described above for 
computer to POTS calls. 
7. Database Engine 

Referring now to FIGS. 5 and 6 ( the database 590 will 
be described. The database 570 stores the routing, registrat ion , 
authentication and billing data and may be either distributed or 
centralized as is known to those cf skill in the art. A number 
of vendors provide tools fcr constructing such databases, includ- 
ing Sybase and Oracle. 

The database 570 includes data relating to user and 
billing information and server routing information. The database 
570 will include a record 582 for each phone switch 600 including 
the phone switch's Internet IP address and port number, as well 
as its physical location. The phone switch records 552 will be 
.r.apped :n a set of area code records 5 = 3, such that the svsterr. 
nay readily determine all area rodes ^-rvir-^d by chone 
sw;:::: •: C 1 . The area code record 5 = .- will \lsc maooed hacr. - • 
r.non-r switc:: record 5=1 to facilitate -::er er~i:;i:.7 which nr.cn- 
rw;:c:; ;: route a given call to. 

Each user will be represented by a user record E 8 1 
which will contain the user's name, address and telephone number. 
Each user record 581 will be mapped to several other fields or 
records, including: the user's credit card record 584; an 
authentication information record 565, including the user's 
password; and a set of phone call records 586 for each call the 
user has made in a certain time frame. Each call record will in- 
clude the call's start time, end time and billing rate. 

It is understood that various other modifications will 
be apparent to and can be readily made by those skilled in the 
art without departing from the scope and spirit cf the present 
invention. For example, it will be apparent to those cf skill ir. 



16 



WO 97/14238 PCT/US96/16096 

the arc to substitute digital or other telephone sets or other 
user phone systems, such as a PBX (Private Branch Exchange), in 
place of the POTS sets described. Accordingly, it is not intend- 
ed that the scope of the claims be limited to the description or 
illustrations set forth herein, but rather that the claims be 
construed as encompassing all features of patentable novelty that 
reside in the present invention, including all features that 
would be treated as equivalents by those skilled in the art. 
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What is claimed is: 

1. A system for routing and transmitting voice 
conversations, said system comprising: 

a circuit switched telephone network supporting at 
least one voice protocol for routing and transmitting voice 
conversations ; 

a plurality of telephone sets coupled tc said circuit 
switched telephone network, each of said plurality of telephone 
sets having a unique telephone number for access through said 
circuit switched telephone network; 

a packet switched computer network supporting a digita 
data packet prctccol ; 

an audio ready computer coupled to said packet switche 
computer network, said audio ready computer for converting anaio 
voice signals into said digital data packet prptocol and for 
converting digital data received from said packet switched 
computer network into analog signals, said audio ready computer 
generating and forwarding upon user command, via said packet 
switched computer network, a packet ized call connection request 
comprising a called telephone number; and 

at least one phone switch having a network address cn 
said packet switched network and coupled to said circuit switche 
telephone network, said phone switch for establishing a voice 
connection tc a telephone set identified through its unique 
telephone number through said circuit switched telephone network 
=i:;d ::r converting voice infcrmaticr. and cent r:. mrormatii*:: z- - 
twee:: said digital data packet protocol and said at least cr.e 
voice protocol, 

whereby the audio ready computer establishes a voice 
connection by forwarding a call request containing a unique 
telephone number to the phone switch which establishes a voice 
connection to the called telephone set and converts the protocol 
between the circuit switched telephone network and the packet 
switched computer network. 

2. The system for routing and transmitting voice con 
versations of claim 1, wherein said audio ready computer further 
comprises : 

a database for mapping telephone area codes and ex- 
changes to said at least one phone switch; and 
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a selection means for selecting a one of said at least 
one phone switches based on said database mapping. 

3. The system for routing and transmitting voice 
conversations of claim 1, wherein said packetized call connection 

5 request further comprises user payment information; said system 
for routing and transmitting voice conversations further compris- 
ing an authentication means for verifying the user payment 
information . 

4. The system for routing and transmitting voice 

: conversations of claim 3, wherein said user payment information 
corner i ses a user password. 

5. The system for routing and transmitting voice 
conversations of claim 3, wherein said user payment information 
comprises credit card information. 

I i. The system fcr routing and transmitting voice con- 

versations of claim I , wherein said packet switched computer 
network is the Internet. 

7. A method fcr establishing and transmitting a voice 
conversation between an audio ready computer coupled to a packet 

0 switched computer network and a telephone set coupled to a cir- 
cuit switched telephone network, said method utilizing a phone 
switch coupled to said circuit switched telephone network and 
said packet switched computer network, .-aid method ccr.pr is ir.g che 

S t epS DZ : 

: a transmitting a call rc::r.- request packet 

*:o::tai::ing a telephone number ider.t it yi:;*: * :.e :-!-pr.c::- set trcrr 
said audio ready computer to said phone switcr. ; 

ib; establishing a voice connection between said phon- 
switch and said telephone set through said circuit switched tele- 

0 phone network; 

(ci transmitting, in a digital packet protocol format, 
voice input received by said audio ready computer during said 
voice conversation to said phone switch via said packet switched 
computer network; 

5 (d) transmitting, in a telephone voice and control 

mzormation protocol format, voice input received by said tele- 
phone set during said voice conversation to said phone switch via 
said circuit switched telephone network; 
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(e) converting the digital packet formatted voice 
input received at said phone switch to a telephone voice and 
control information protocol; 

(f) transmitting said converted information from step 
(e) to said telephone set via said circuit switched telephone 
network; 

(g) converting the telephone voice ana control infor- 
mation formatted voice input received at said phone switch to a 
digital packet protocol; 

(h) transmitting said converted information from step 
■ g) to said audio ready computer via said packet switched comput 
er network; and 

< i ■ reconstructing the digital packet in formation 
received by said audio ready computer into an analog signal, 

whereby said phone switch is used :c bridge the voice 
conversation between the circuit switched telephone network 
protocol and the packet switched computer network protocol. 

5. The method for establishing and transmitting a 
voice conversation of claim 7 wherein steps (c; and (gj further 
comprise the step of compressing the voice input before trans- 
mission across said packet switched computer network; and steps 
ie) and :i} further comprise the step of decompressing the com- 
pressed voice input. 

6. The method for establishing and transmitting voic 
conversation cf claim 7 further comprising the seeps ~: : 

selecting said pnor.e switch from n plurality ~t 
phone switches ccupied to said packet switcned network, said 
selection based on a database matching telephone numbers to said 
phone switches. 

10. The method of establishing and transmitting a 
voice conversation of claim 7 further comprising the steps of: 

transmitting user payment information within the call 
connection request; and 

verifying the user payment information before estab- 
lishing the voice connection of step (b) . 

11. A system for routing and transmitting voice 
conversations, said system comprising: 
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a circuit switched telephone network supporting at 
least one voice protocol for routing and transmitting voice 
conversations; 

a telephone set coupled to said circuit switched 

telephone network; 

a packet switched computer network supporting a digital 
data packet protocol; 

an audio ready computer coupled to said packet switched 
computer network, said audio ready computer for converting analog 
voice signals into said digital data packet protocol and for 
converting digital data received from said packet switched 
computer network into analog signals, said audio ready computer 
generating a packetized call connection request upon user com- 
mand; 

at least one phone switch having a network address on 
said packet switched network and coupled to said circuit swicrr.ed 
telephone network, said phone switch fcr establishing a voice 
connection through said circuit switched teiepnone network and 
for converting voice information and control information between 
said digital data packet protocol and said at least one voice 
protocol; and 

a routing server coupled to said packet switched 
computer network, said routing server fcr selecting a selected 
ohor.e switch from said at leas: one cr.cr.e switch upon receipt ~_ : 
said packeticed call connection request from said audio ready 
-omruter. said routing server returning r.:\- r.etwoiv. 1 d r e s s z : 
said selected pncne switch to said audic ready computer, 

whereby said audio ready computer establishes a voice 
conversation by requesting the routing server to return the 
network address of a selected phone switch, said audio ready 
computer transmits all further control and voice data to said 
network address of said selected phone switch. 

12. The system for routing and transmitting voice 
conversations of claim 11, wherein said packetized call connec- 
tion request further comprises a user password; said system for 
routing and transmitting voice conversations further comprising 
an authentication means for verifying the user password with a 
system database. 
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13. The system for routing and transmitting voice 
conversations of claim 11 wherein said digital data packet 
protocol includes a connectionless transport layer protocol, said 
transmission cf said digitized voice signals over said packet 

5 switched computer network utilizing said connectionless transport 
layer protocol . 

14. The system for routing and transmitting voice 
conversations of claim 13 wherein said connectionless transport 
layer protocol is the User Datagram Protocol. 

3 15 . A method for establishing and transmitting a voice 

conversation between an audio ready computer coupled to a packet 
switched computer network and a telephone set coupled to a cir- 
cuit switched telephone network, said method utilizing a routina 
server coupled to said packet switched computer network and a 

I plurality cf phone switches coupled to said circuit switched 

Telephone network and said packet switched computer network, said 
method comprising the steps of: 

(a) transmitting a call connection request packet 
containing a telephone number identifying the telephone set from 

0 said audio ready computer to said routing server; 

ib) selecting a phone switch from said plurality c: 
phone switches upon receipt of said call connection request 
packet from said audio ready computer; 

' c . transmitting an author i zee call . c:: reou-r^r 

r packet containing the network address z : tr.-r ==~---rt eo ;.;:c::- 
rw;:-:; : rcrr. said router to said audio reacy -c.r.r.u: ei" ; 

;a; transmitting the authorizes call * tr.r.r ct izr. 
request packet to the selected phone switch from said audio ready 
computer ; 

0 (e) establishing a voice connection between said 

selected phone switch and said telephone set through said circuit 
switched telephone network; 

(f) transmitting, in a digital packet protocol format, 
voice input received by said audio ready computer during said 
3 voice conversation to said selected phone switch via said packet 
switched computer network; 

fg) transmitting, in a telephone voice and control 
information protocol format, voice input received by said tele- 
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phone sec during said voice conversation to said selected phone 
switch via said circuit switched telephone network; 

(h) converting the digital packet formatted voice 
input received at said selected phone switch to a telephone voice 
and control information protocol; 

(i) transmitting said converted information from step 
fh) to said telephone set via said circuit switched telephone 
network; 

(j) converting the telephone voice and control infor- 
mation formatted voice input received at said selected phone 
switch to a digital packet protocol; and 

(k! transmitting said converted information from step 
(j) to said audio ready computer via said packet switched comput- 
er network, 

whereby said selected phone switch is used to bridge 
the voice conversation between the circuit switched telephone 
network protocol and the packet switched computer network proto- 
col. 

16. A system for routing and transmitting a voice 
conversation between a first telephone set and a second telephone 
set over a packet switched computer network supporting a digital 
data packet protocol including voice and call set-up information, 
said system comprising: 

A first circuit - switched telephone network coupled zz 
said first telephone set, said first circuit - swit ched telephone 
network supporting at least one voice prctcccl including v:::t 
and call set-up information; 

a second circuit switched telephone network coupled to 
said second telephone set, said second circuit switched telephone 
network supporting at least one voice protocol including voice 
and call set-up information; 

a first phone switch coupled to said first circuit 
switched telephone network and a second phone switch coupled to 
said circuit switched telephone network, said first and second 
phone switches each coupled to said packet switched computer 
network and each having a unique network address on said packet 
switched network, said first and second phone switches each for 
converting between voice and call set-up information from said 
first and second circuit switched telephone networks, respectful- 
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ly, and said digital data packet protocol, said first phone 
switch further for generating and transmitting a call connection 
request over said packet switched computer network upon receiving 
a touch tone request from said first telephone set, said second 
phone switch further for establishing a call setup over said 
circuit switched telephone network to said second telephone set 
upon receipt of said call connection request from first phone 
switch, 

whereby a first user accesses said first phone switch 
to generate a call request over said packet switched computer 
network to said second phone switch, said second phone switch 
then establishes a call to said second telephone set. said first 
and second phone switches then converting and transmitting voice 
information received between said telephone sets and said packet 
switched computer network. 

17. A system ::r routing and transmitting a voice 
conversation between a first telephone set and a second telephone 
set over a packet switched computer network supporting a digital 
data packet protocol including voice and call set-up information, 
said system comprising: 

a plurality of circuit switched telephone networks each 
supporting at least one voice protocol including voice and call 
set-up information; 

a plurality of telephone sets ~cuc--ri : : ^ai*i :..;:r.;l ity 
circuit switched telephone networks; 

a plurality c: phone switches eat:. ~v.::._-.-: - 
packet switched network and at least one c: said sw:; :r:e:: 

Telephone networks, said plurality of phone switches each having 
a unique network address on said packet switched network, said 
plurality of phone switches each for converting voice and call 
set-up information between said at least one voice protocol and 
said digital data packet protocol, at least one originating phone 
switch of said plurality of phone switches capable of generating 
a call connection request including a called telephone number 
upon receiving a touch tone request from one of said plurality of 
telephone sets; and 

a routing server coupled to said packet switched 
computer network, said routing server for selecting a selected 
phone switch from said plurality of phone switches upon receipt 

24 
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of said call connection request from said originating phone 
switch, said routing server returning a network address of the 
selected phone switch to said originating phone switch, 

whereby a user accesses a first phone switch through a 
first telephone set coupled to a first circuit switched telephone 
network and enters a destination telephone number using touch- 
cone keys, said first phone switch then transmits a call con- 
nection request containing said destination telephone number to 
said routing server which selects a second phone switch based o:; 
routing considerations, said second phone switch connects to a 
second destination telephone set via a second circuit switched 
telephone network, said first and second phone switches then 
communicate directly through said packet switched computer net- 
work coupling said first and said second telephone sets. 

IS. A method for routing and transmitting a voice con- 
versation between a first telephone set ana a second telephone 
set over a packet switched computer network, said method utiliz- 
ing a routing server coupled to said packet switched computer 
network and a plurality of phone switches coupled to said packet 
switched computer network, said method comprising the steps of: 

\a) accessing a first phone switch from said first 

telephone set; 

<b. generating dialing ir.f crrr.at io:\ ~crrespcr.dir.g to a 

telephone number for said second telep:*.-::-.- s-; : "~ Said :irs: 
**-**• ^nhone set* 

z said first pnone switrr. oetett 1:17 ^ 1 u dialm? 

information; 

'. d !■ transmitting a call connection request packet 
containing the telephone number from said first phone switch to 
said routing server ; 

(e) said routing server selecting a phone switch from 
said plurality of phone switches upon receipt of said call con- 
nection request packet from said first phone switch; 

tf) transmitting an authorized call connection request 
packet containing the network address of the selected phone 
switch from said routing server to said first phone switch; 

ig) transmitting the authorized call connection re- 
quest packet to the selected phone switch from said first phone 
switch; 
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(h) establishing a voice connection between said 
selected phone switch and said second telephone set through a 
circuit switched telephone network coupling said selected phone 
switch and said second telephone set; 

(i) converting the telephone voice and control format 
ted voice and control information received at said first phone 
switch and said selected phone switch tc a digital packet proto- 
col and forwarding said converted digital packet voice and con- 
trol information between said first and said selected phone 
switches over said packet switched computer network; and 

ij) transmitting said converted information from seep 
<i) between said first phone switch and said selected phone 
switch via said packet switched computer network, 

whereby said first phone switch and said selected phon 
switch are used to bridge the voice conversation between said 
first telephone set and said second telephone set across the 
packet . switched computer network. 

19. The method fcr routing and transmitting voice 
conversations of claim 13 wherein said dialing information 
comprises touch tones. 



WO 97/14238 



PCT/US96/16096 



100 

_A — . 

PC-PHONE 
CLIENT 

, SERVER 
' * ' 



1/6 



TELEPHONE CONVERSATION 




200 



500 

/ 



PC-PHONE 
SERVER 



FIG. 1 



300 




401 



300 




650 



SERVER 
SWITCH 



500 



1 



ROUTER/ 
AUTHENTICATION 




600- 



SERVER 
SWITCH 



100 



FIG. 2B 




300 



WO 97/14238 



PCI7US96/16096 




WO 97/14238 



PCT/US96/16096 



3/6 






rO 









CO 


Q UJ 






tr 


SOUN 
DEVIC 








^ o 


< 

UJ 
Q. 






CO 









UJ 



WO 97/14238 



PCT/US96/16096 



4/6 



A STRING 
FOR EVENT 






PROCESS THE 
INCOMMING PACKET 







630 



631 



633 




WHAT TYPE 
OF PACKET 




DIAL NEW 
NUMBER 



DISCONNECT 
UPDATE DB 




632 



STATUS 
REG 



DISCONNECT M/OICE 



SEND DOWN 
CHANNEL BASED 
ON CONNID 



STATUS 
RESPONSE 



638 




BUSY 



\ 

634 



\ 

636 



~7~ 

637 



RINGING 



WAIT 


FOR 


CORRECT 


620 





■639 




NO 



621 



CONNECTION ESTABLISHED 

- UPDATE DB 

- CREATE CONNID 

- SEND SUCCESS INDICATION 



RETURN 
ERROR 



-622 



FIG. 4A 



WO 97/14238 



PCTAJS96/16096 




DATA 
BUFFER 



BUFFER 
ANALYZER/ 
INJECTOR 



614 

\ 

NETWORK 
CONNECTION 



5/6 



TCP/IP 



UDP 



DSP 
COMPRESSION/ 
DECOMPRESSION 



612 



615 

/ 

MANAGEMENT 
FUNCTIONS 



PHONE- 
CIRCUIT 
BRIDGE 



613 



FIG. 4B 



t — 

616 



«-*^PSTN^ 



WAIT FOR 
REGISTRATION REQUEST 



PROCESS INCOMING REQUEST 
-CHECK CREDIT CARD INFO 
-CHECK DATA VALIDITY 
-CHECK FOR DUPLICATE ENTRY 




YES 



SEND BACK ERROR 

INDICATION 



STORE NEW 
REGISTRATION INFO 

SEND BACK SUCCESS 
INDICATION 



FIG. 5 



WO 97/14238 



PCTAJS96/16096 



581 

\ 



PAYS BY 



USER 

- NAME 

- ADDRESS 

- TELEPHONE 



MAKES A 



582 

\ 



6/6 



584 

/ 




CREDIT CARD 
CARD NUMBER 
EXPIRATION DATE 
CARD BRAND 



PROTECTED BY 



585 

/ 




AUTHENTICATION 
INFO 

- PASSWORD 

- SERVER KEY 



586 
J— 



PHONE CALL 
START TIME STAMP 
END TIME STAMP 
BILLING RATE 



VOICE SERVER INFO 

- IP ADDRESS 

- PORT NUMBER 

- PHYSICAL LOCATION 



SERVES 



583 

/ 

/ 



SERVED BY 



AREA CODE 

- CODE 

- CITY 

- STATE 



USER AND 

BILLING 

DATA 



ROUTING 
DATA 



FIG. 6 



COMMAND 



CONNID 



DATA FOR 
COMMAND 



FIG. 7 



INTERNATIONAL SEARCH REPORT 



Inte. *aional application No. 
PCTAJS96/ 16096 



A. CLASSIRCATION OF SUBJECT MATTER 

IPC(6) :H04L 12/46. 12/66 

US CL :370/60.1, 85.13, 110.1 
According to International Patent Classification (IPC) or to both national classification and IPC 



B. FIELDS SEARCHED 



Minimum documentation searched (classification system followed by classification symbols) 
U.S. : 370/58.1. 60. 60.1, 85.13, 94.1, 94.2. 110.1; 379/220, 242 



Documentation searched other than minimum documentation to the extent that such Jncumcnts are included in the fields searched 



Electronic data base consulted during the international search (name of daU base ;ind. where practicable, search terms used) 



C. DOCUMENTS CONSIDERED TO BE RELEVANT 



Category* 



Citation of document, with indication, where appropriate, of the relevant passages 



Relevant to claim No. 



A.P 



US. A. 5.526.353 (HENLEY ET AL) 11 JUNE 1996. see 
ABSTRACT. 

US. A. 5.008.878 (AHMADI ET AL) 16 APRiL 1991. see 
ABSTRACT. 

US. A. 5.014.266 (BALES ET AL) 07 MAY 1991. see 
ABSTRACT. 



1-17 



1-17 



1-17 



| | Further documents are listed in the continuation of Box C. | | See patent family annex. 



Special tWf one* of vikjJ JixuiiwnM 

document dcfineif the prrwral auie ol the art wKtch mi n.rf «.k>**«Jcrrd 
lo be of particular relevance 

earlier document published *m or alWr the intcmuipwul I'lUng duU* 

document whh.lt tnay thniw U*mbu tm priority wUuiw** *>r »h*.h a 
ci led lo cafahtuh the pu»Wa4*«i dale U a/wnhcr vitabwo or uthcr 
ftpccial rcaaoci (aa apcol'wd) 

documciU referring lo un on I Jiacitwuic. use. cvhibiUm ut «kJut 



document published prior lo the inicmuoonal filing duic but Lawr than 
the prioniy date *'luimed 



* p Uurr dt^biiHiit punlwhtxi alter the inirniuutirutl tiling date or prvonty 

and n- -4 i Ik I « ith the application hut ^ik-d u» understand the 

principle «»* U>r«»r> underlt ing the tnvrnuun 

*\* d.K'uiru-nt ratlKuUr rcU**an%e: the tUnncii uivcnbon cannot be 

i.it(u»Ji. i> J ti..v. i .»f ^«nn«it be v «*\<t»J*:rrd lu involve an invenuve «up 
• hen Uw ii-^ uiiuni m til en mUmt 

*Y" Jtxuim-m wl puitKular relevance; the claimed invenuon cannot be 

„o(UiJi.'f iJ (•> involve an aiventive tirp whtn ihe document u) 
•.nmbnu-u * *ih Mftf of m«*e other «uch document*. »uch cotnomuuon 
being uIuikui bi a pvntm at i Med in the art 

'Si* J.Muruiii irwinbcr r»| the *ojne patent family 



Date of the actual completion of the internal ionat scorch 
02 DECEMBER 1996 



Date of mailing of the international search report 

2 3 JAN 7997 



Name and mailing aJJress ol Uic ISA/US 
Commissioner of Patents inj Trademarks 
Box PCT 
W«hington. D C. 

Facsimile No. (703) 305-3230 




Authorize** oil ioc r 



RICKV Q. NGO 

Telephone No. '703) 305-4798 



Form PCT/ISA/210 (second .sheet )( July 1992)* 



